IN THE SPECIFICATION 

Please insert the following paragraph on page 1 after the title of the invention and before the 
"Technical Field": 

-RELATED APPLICATION 

This application is a national phase of PCT/JP2004/0 18222 filed on December 7, 2004, 
which claims priority from Japanese Application No. 2003-416192 filed on December 15, 2003, 
the disclosures of which Applications are incorporated by reference herein. The benefit of the 
filing and priority dates of the International and Japanese Applications is respectfully requested.— 

The following paragraphs will replace all prior versions of them in the specification of the 
application. 

1) Page 6, line 16 - Page 7, line 16, please delete: 

In ord e r to solv e th e abov e- m e ntion e d probl e ms, according to the pr e sent inv e ntion 
(Claim 1), th e r e is provid e d an audio compr e ssion and d e compr e ssion d e vic e , comprising: an 
adaptiv e diff e r e ntial puls e cod e modulation circuit which modulat e s digital audio data by an 
adaptiv e diff e r e ntial puls e cod e modulation syst e m; and a high fr e qu e ncy compon e nt cutting unit 
which cuts off high fr e qu e ncy compon e nts existing on a high fr e qu e ncy band of th e digital audio 
data befor e compr e ssion which ar e inputt e d to the adaptiv e diff e r e ntial puls e cod e modulation 
circuit. 

According to th e pr e s e nt inv e ntion (Claim 2), th e r e is provid e d an audio compr ess ion 
and decompr e ssion d e vic e , comprising: an adaptiv e diff e r e ntial puls e cod e modulation circuit 
which modulat e s digital audio data by an adaptiv e diff e r e ntial puls e cod e modulation syst e m; 
and a high fr e qu e ncy compon e nt cutting unit which cuts off high frequ e ncy compon e nt s existing 
on a high fr e qu e ncy band of th e digital audio data aft e r d e compr e ss e d which ar e outputt e d from 
th e adaptive diff e r e ntial pul se cod e modulation circuit. 

According to th e pr e s e nt inv e ntion (Claim 3), in the audio compr e ssion and 
decompr e ssion d e vic e as d e fin e d in Claim 1 or 2, th e high frequ e ncy compon e nt cutting unit is a 
low pass filt e r. 
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According to th e pr e s e nt invention (Claim 4), in th e audio compr e ssion and 
decompr e ssion d e vic e as d e fined in Claim 2, th e high fr e qu e ncy compon e nt cutting unit is a 
noise s hap e r. 

2) Page 7, lines 17 - 19, please change: 

A In order to solve the above-mentioned problems, a ccording to the present invention 
(Claim 5) , th e audio compr e ssion and d e compr e ssion d e vic e as d e fin e d in Claim 1 or 2 furth e r 
includ e s: there is provided an audio compression and decompression device comprising: an 
adaptive differential pulse code modulation circuit which modulates digital audio data by an 
adaptive differential pulse code modulation system; a high frequency component cutting unit 
which cuts off high frequency components existing on a high-frequency band of the digital audio 
data before compression which are inputted to the adaptive differential pulse code modulation 
circuit, or the digital audio data after decompression which are outputted from the adaptive 
differential pulse code modulation circuit; and a controller which changes cutoff frequency 
characteristics of the high frequency component cutting unit according to a compression bit rate 
of the adaptive differential pulse code modulation circuit. 

3) Page 7, line 23 - Page 9, line 13, please delete: 

According to th e pr e s e nt inv e ntion (Claim 6), th e audio compr e ssion and d e compression 
d e vic e as d e fin e d in Claim 1 furth e r includ e s: a nois e addition circuit which adds nois e 
compon e nts which corr e sponds to high fr e qu e ncy components which hav e b ee n cut off by th e 
high frequ e ncy component cutting unit, to th e digital audio data aft e r d e compr e ss e d which ar e 
outputt e d from th e adaptiv e differ e ntial pulse cod e modulation circuit. 

According to th e pr e s e nt inv e ntion (Claim 7), th e audio compr e ssion and d e compr e ssion 
d e vice as d e fin e d in Claim 6 includ e s: a controll e r which chang e s cutoff fr e qu e ncy 
charact e ristics of th e high fr e qu e ncy compon e nt cutting unit, and at l e ast on e of th e nois e 
compon e nts, th e fr e qu e ncy band to which th e nois e compon e nts ar e add e d, and th e volum e of th e 
nois e s, according to a compr e ssion bit rat e of th e adaptiv e diff e r e ntial puls e code modulation 
circuit. 
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According to the present inv e ntion (Claim 8), in th e audio compr e ssion and 
d e compr e ssion device as d e fin e d in Claim 1 or 2, th e high fr e qu e ncy compon e nts cutting unit is 
a low pass filt e r including: plural first d e lay circuits which d e lay input digital audio data; plural 
first multipli e rs which multiply the outputs from th e plural first d e lay circuits by previously sot 
co e ffici e nts, re s p e ctiv e ly; a first add e r which adds the input digital audio data and th e outputs 
from th e plural first multipliers; a s e cond multipli e r which multipli e s th e output from the first 
add e r by a pr e viously s e t coeffici e nt; plural s e cond d e lay circuits which d e lay output digital 
audio data; plural third multipli e rs which multiply th e outputs from th e plural s e cond d e lay 
circuits by pr e viously s e t co e ffici e nts, r e spectiv e ly; a s e cond add e r which adds th e output from 
th e s e cond multipli e r and th e outputs from th e plural third multipli e rs; and a fourth multipli e r 
which multipli e s th e output from th e s e cond add e r by a pr e viously s e t co e ffici e nt. 

According to th e pr e s e nt inv e ntion (Claim 9), th e audio compr e ssion and decompr e ssion 
d e vic e as d e fined in Claim 8 wh e r e in: th e r e is provided a controll e r which chang e s cutoff 
fr e quency characteristics of th e low pass filt e r according to a compr e ssion bit rat e of th e adaptiv e 
diff e r e ntial pulse code modulation circuit, and said controll e r chang e s th e r e sp e ctiv e co e ffici e nts 
of th e plural fir s t multipli e rs and th e resp e ctiv e co e ffici e nts of the plural third multipli e rs, for 
e ach multiplier. 

4) Page 9, lines 14-16, please change: 

According to the present invention (Claim 10) , th e audio compr e ssion and decompr e ssion 
d e vice as defin e d in Claim 1 furth e r includ e s: there is provided an audio compression and 
decompression device comprising: an adaptive differential pulse code modulation circuit which 
modulates digital audio data by an adaptive differential pulse code modulation system; a hifih 
frequency component cutting unit which cuts off high frequency components existing on a high- 
frequency band of the digital audio data before compression which are inputted to the adaptive 
differential pulse code modulation circuit; and an amplitude detection circuit which detects an 
amplitude in a high frequency region of the digital audio data before compressed which are 
inputted to the adaptive differential pulse code modulation circuit; and a controller which 
compares the amplitude detected by the amplitude detection circuit with a threshold value, and 
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changes the cutoff frequency characteristics of the high frequency component cutting unit on the 
basis of the comparison result. 

5) Page 9, line 24 and Page 10, line 1, please delete: 

According to the present invention (Claim 1 1) , in the audio compression and 
decompression device as d e fin e d in Claim 1 0, the controller changes the cutoff frequency 
characteristics of the high frequency component cutting unit when the amplitude detected by the 
amplitude detection circuit exceeds the threshold value. 

6) Page 10, lines 5 and 7, please delete: 

According to the present invention (Claim 12) , in the audio compression and 
decompression device as d e fin e d in Claim 10, the controller changes the cutoff frequency 
characteristics of the high frequency component cutting unit when the amplitude detected by the 
amplitude detection circuit has exceeded the threshold value during a previously set time period, 
or when amplitude detected by the amplitude detection circuit has not exceeded the threshold 
value during a previously set time period. 

7) Page 10, line 15 - Page 11, line 21, please delete: 

Th e audio compr e ssion and d e compr e ssion d e vic e of th e pr e s e nt inv e ntion compris e s an 
adaptiv e diff e r e ntial puls e code modulation circuit which modulat e s digital audio data by an 
adaptive diff e r e ntial puls e cod e modulation syst e m and a high fr e qu e ncy compon e nt cutting unit 
which cuts off high fr e qu e ncy compon e nts e xisting on a high fr e qu e ncy band of th e digital audio 
data b e for e compr e ssion which are inputt e d to th e adaptiv e diff e r e ntial puls e cod e modulation 
circuit. Th e r e for e , it is possibl e to r e duc e quantization nois e s on a high fr e qu e ncy band of 
decompr e ss e d digital audio data, which ar e g e nerat e d du e to that the compr e ssion ratio is 
incr e as e d wh e n digital audio data ar e compr e ss e d or d e compr e ss e d by th e adaptiv e diff e r e ntial 
puls e code modulation syst e m. 

According to th e pr e s e nt inv e ntion, th e r e i s provid e d an audio compres s ion and 
d e compression d e vic e , comprising an adaptiv e differ e ntial pulse cod e modulation circuit which 
modulat e s digital audio data by an adaptiv e diff e r e ntial puls e cod e modulation syst e m, and a 
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high fr e quency component cutting unit which cuts off high frequency compon e nt s existing on a 
high frequ e ncy band of th e digital audio data aft e r d e compr e ssed which ar e outputted from th e 
adaptiv e diff e r e ntial puls e cod e modulation circuit. Th e r e for e , it is possibl e to r e duc e 
quantization nois e s on a high fr e qu e ncy band of th e d e compr e ss e d audio data, which ar e 
g e n e rat e d du e to that th e compr e ssion ratio is incr e as e d wh e n digital audio data ar e compr e ss e d 
or d e compr e ss e d by th e adaptiv e diff e r e ntial puls e cod e modulation system. 

According to th e pr e s e nt inv e ntion, in th e audio compr e ssion and d e compr e ssion d e vic e , 
the high frequ e ncy compon e nt cutting unit is a nois e shap e r. — Th e refor e , it is possibl e to 
e ff e ctiv e ly r e mov e quantization nois e s and r e produc e digital audio data in a high e r sound 
quality. 

8) Page 1 1, lines 22-23, please change: 

According to th e pr e s e nt invention, th e audio compr e ssion and d e compr e ssion d e vic e 
includes The audio compression and decompression device of the present invention comprises an 
adaptive differential pulse code modulation circuit which modulates digital audio data by an 
adaptive differential pulse code modulation system, a high frequency component cutting unit 
which cuts off high frequency components existing on a high-frequency band of the digital audio 
data before compression which are inputted to the adaptive differential pulse code modulation 
circuit, or the digital audio data after decompression which are outputted from the adaptive 
differential pulse code modulation circuit, and a controller which changes cutoff frequency 
characteristics of the high frequency component cutting unit according to a compression bit rate 
of the adaptive differential pulse code modulation circuit. 

9) Page 12, line 9 - Page 14, line 4, please delete: 

According to th e pr e s e nt invention, th e audio compr e ssion and d e compr e ssion d e vic e , 
furth e r includ e s a nois e addition circuit which adds nois e compon e nts which corr e sponds to high 
fr e qu e ncy compon e nts which have b ee n cut off by th e high fr e qu e ncy compon e nt cutting unit, to 
th e digital audio data aft e r decompr e ss e d which ar e outputt e d from th e adaptiv e diff e rential puls e 
cod e modulation circuit. Th e r e for e , it is possibl e to r e produc e in a ps e udo mann e r the high 
fr e qu e ncy components which hav e b e en suppr e ss e d by making th e digital audio data b e for e 
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compr e ss e d which ar e inputt e d to th e adaptiv e diff e r e ntial puls e cod e modulation circuit, pass 
through the high fr e qu e ncy compon e nt cutting unit. Cons e qu e ntly, it is possible to e liminat e 
unnaturaln e ss of audio data at the r e production, which are g e n e rat e d du e to that high fr e quency 
sound bands ar e suppr e ss e d, and r e production of th e audio data comfortabl e to th e human being 
can b e r e aliz e d. 

According to th e pr e s e nt inv e ntion, th e audio compr e ssion and d e compr e ssion d e vic e 
includes a controll e r which chang e s cutoff frequ e ncy charact e ristics of th e high fr e qu e ncy 
compon e nt cutting unit, and at l e ast on e of th e nois e compon e nts, th e fr e qu e ncy band to which 
th e nois e compon e nts ar e add e d, and th e volum e of th e nois e s, according to a compr e ssion bit 
rate of th e adaptiv e diff e r e ntial puls e cod e modulation circuit. 

Th e r e for e , it is possibl e to control th e nois e compon e nts to b e add e d, th e fr e qu e ncy band 
at which th e nois e compon e nts are add e d, or th e volum e of th e nois e s in accordanc e with the 
compr e ssion bit rat e , and it is possibl e to r e produc e audio data in a high e r sound quality. 

According to th e pr e s e nt invention, in th e audio compr e ssion and d e compr e ssion 
d e vic e , th e high fr e quency compon e nts cutting unit is a low pass filter which includ e s plural first 
d e lay circuit s which d e lay input digital audio data; plural first multipli e rs which multiply th e 
outputs from th e plural first delay circuits by pr e viously s e t co e ffici e nt s , resp e ctiv e ly; a first 
add e r which adds the input digital audio data and th e outputs from the plural first multipli e rs; a 
s e cond multiplier which multipli e s th e output from th e first add e r by a pr e viously s e t co e ffici e nt; 
plural second d e lay circuits which d e lay output digital audio data; plural third multipli e rs which 
multiply the outputs from th e plural s e cond d e lay circuits by pr e viou s ly s e t coeffici e nts, 
r e sp e ctiv e ly; a s e cond adder which adds th e output from th e s e cond multipli e r and the outputs 
from th e plural third multipli e rs; and a fourth multipli e r which multipli e s th e output from th e 
s e cond add e r by a pr e viously s e t co e ffici e nt. Th e r e for e , it is possibl e to mor e fin e ly control th e 
cutoff fr e qu e ncy charact e ristics of the LPF. 

10) Page 14, lines 5-6, please change: 

According to th e pr e s e nt inv e ntion, th e audio compr e ssion and compr e ssion d e vice 
furth e r includ e s The audio compression and decompression device of the present invention 
comprises an adaptive differential pulse code modulation circuit which modulates digital audio 
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data by an adaptive differential pulse code modulation system, a high frequency component 
cutting unit which cuts off high frequency components existing on a high-frequency band of the 
digital audio data before compression which are inputted to the adaptive differential pulse code 
modulation circuit, and an amplitude detection circuit which detects an amplitude in a high 
frequency region of the digital audio data before compressed which are inputted to the adaptive 
differential pulse code modulation circuit; and a controller which compares the amplitude 
detected by the amplitude detection circuit with a threshold value, and changes the cutoff 
frequency characteristics of the high frequency component cutting unit on the basis of the 
comparison result. Therefore, it is possible to change the cutoff frequency characteristics of the 
high frequency component cutting unit, according to the nature of the audio data. Consequently, 
it is possible to change the cutoff frequency characteristics of the high frequency component 
cutting unit to those suitable to the audio data, without requiring the user to change the cutoff 
frequency characteristics of the high frequency component cutting unit, or even for audio data 
which the user listens to for the first time. 

1 1) Page 16, line 25, please change: 

803... h e ad up head amplifier 

12) Page 29, line 7, please change: 

Hereinafter, the operation of the LPF 500 as shown in figure 5 will be described. 
Initially, the plural first delay circuits (delay circuits 501a to 501c) at the input side operate to 
delay the input digital audio data of several samples. Then, plural first multipliers to multiply the 
respective outputs from the plural first delay circuits by previously set coefficients. That is, a 
multiplier 502a multiplies the output from the delay circuit 501a by a multiplication coefficient 
ai, a multiplier 502b multiplies the output from the delay circuit 501b by a multiplication 
coefficient 012, and a multiplier 502c multiplies the output from the delay circuit 501c by a 
multiplication coefficient (X3. Next, a first adder (adder 503) adds the outputs from the 
multipliers 502a to 502c and the input digital audio data. Then, a second multiplier (multiplier 
504) multiplies the output from the adder 503 by an inverse of a sum of the total of the 
multiplication coefficients ai to <X3 and 1 (i.e., l/l+ai+a2+(X3), as the previously set coefficient. 
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The coefficient of the multiplier 504 is not needed to be an exact value of (1/1 +ct 1+02+03), and 
may be a value approximately equal to (l/l+ai+a 2 +a3). Next, plural second delay circuits at the 
output side (delay circuits 508a to 508c) delay the output digital audio data by several samples. 
Then, plural third multipliers multiply respective outputs from the plural second delay circuits by 
previously set coefficients. That is, a multiplier 507a multiplies an output from the delay circuit 
508a by a multiplication coefficient Pi, a multiplier 507b multiplies an output from the delay 
circuit 508b by a multiplication coefficient p 2 , and a multiplier 508e 507c multiplies an output 
from the delay circuit 508c by a multiplication coefficient P3. Then, a second adder (adder 505) 
adds the outputs from the multipliers 507a to 507c and the output from the multiplier 504. Then, 
a fourth multiplier (multiplier 506) multiplies an output from the adder 505 by an inverse of a 
sum of the total of the multiplication coefficients pi to P3 and 1 (i.e., I/I+P1+P2+P3X as a 
previously set coefficient. The coefficient of the multiplier 506 is not needed to be an exact 
value of (I/I+P1+P2+P3), but may be a value approximately equal to (I/I+P1+P2+P3). Then, the 
output from the multiplier 506 is outputted to the outside as digital audio data from which high 
frequency components on the high-frequency band are removed. 



-9- 



